Methods of 3D direction of arrival (DOA) estimation, coherent source detection and reflective surface localization are studied, based on recordings by a spherical microphone array. First, the spherical harmonics domain minimum variance distortionless response (EB-MVDR) beamformer is employed for the localization of broadband coherent sources, which is characterized by simpler frequency focusing matrices than the corresponding element-space implementation, and by a higher resolution than conventional spherical array beamformers. After the DOA estimation step, the source signals are extracted by EB-MVDRs. Then, by computing the crosscorrelation functions between the extracted signals, the coherent sources are detected and their time differences of arrival (TDOA) are estimated. Given the positions of the array and the reference source, and the estimated DOA and TDOA of the coherent sources, the positions of the major reflectors can be inferred. Experimental results in a real room validate the proposed method.
INTRODUCTION
Spherical microphone array signal processing, or the modal array signal processing, has recently become an important technique in the application of 3D beamforming, DOA estimation, and signal extraction, etc. [1] [2] [3] [4] [5] . The reason is that 3D beamforming and DOA estimation can be more easily realized than with other array geometries, and signal processing can exploit the elegant spherical harmonics (eigenbeams, EB) mathematics framework.
In this work, we use a spherical microphone array to find the DOAs of the dominant reflections of a sound source in a room, and the positions of the reflective surfaces, which is very useful in room geometry inference [6] , robust adaptive beamforming [7] , matched filter based signal recovery [8] , and dereverberation [9] applications. Several methods have been proposed to address this issue, see [6, and references therein] . However, most of those methods assume that only the desired measuring sound is present in a room. In case of additional interfering sources being present in the room, which always occurs in reality, the performance of these methods may degrade. Furthermore, most of the techniques found in the literature are based on measuring room impulse responses (RIRs), and are thus inapplicable to scenarios where the source signal is unknown.
We propose a new method which is simple but is likely to be more robust in the presence of interferences. Furthermore, it does not require measuring RIRs which makes it much more appealing in practical scenarios. The procedure is summarized as follows. A reference sound is played back in a room, and a steerable spherical microphone array EB-MVDR beamformer is used for the localization of all the sources in the room, i.e. the direct sound, reflections, and interferences. Next, the signals from the directions of the localized sources are extracted using the EB-MVDR. Statistical analysis of crosscorrelations between the extracted signals can then be used to differentiate between coherent reflections and incoherent interferences, and the TDOA between these coherent sources are estimated. Based on the DOAs and TDOAs of coherent sources and the position of the array relative to the reference (i.e., direct sound) source, the positions of the major reflectors can be estimated.
The localization and extraction of both the coherent and incoherent sources based on a spherical microphone array are the key functions in this method. Subspace-based high resolution DOA estimation methods using spherical arrays have been studied in [3, 10] . The major limitation is that the number of sources must be known a priori in order to obtain good results. The plane wave decomposition (PWD) beamformer has also been employed for both the localization and extraction tasks [8] . However, PWD is a fixed beamformer, and its localization resolution and performance of signal extraction is limited. In this paper, the spherical harmonics domain EB-MVDR beamformer is employed for both the high resolution DOA estimation and directional signal extraction, since it can automatically pick up the desired source and null the other sources, which leads to a satisfactory resolution without any knowledge about the number of sources. The focusing matrices and frequency smoothing techniques are employed to improve EB-MVDR's robustness when sources are coherent. This paper also shows that focusing matrices derived here in the spherical harmonics domain exhibit a simpler form than the conventional element-space based implementations [11, 12] . Experimental results obtained by using an Eigenmike [1] in a real room verify the proposed methods.
SPHERICAL MICROPHONE ARRAY EB-MVDR BEAMFORMING
In this section, the spherical harmonics domain EB-MVDR beamforming based on a spherical microphone array is presented. For more details on the spherical microphone array beamforming and spherical harmonics processing techniques, the reader is referred to [4] . The conventional spherical coordinate system (r, , ) is used in the following. Here, the elevation and the azimuth are angular displacements in radians measured from the positive z-axis and x-axis in Cartesian coordinates, respectively. Consider a unit magnitude plane wave from direction = ( , ), with wave number k, impinging on a spherical microphone array with M microphones and radius a. Using the frequency-domain model and applying spherical Fourier transform to the captured sound field, the spherical harmonics domain sound pressure of order n and degree m (1), and the associated (N+1) 2 ×1 manifold vector (2) can be written as
where (.) T denotes the transpose, m n Y is the angular-dependent spherical harmonic of order n and degree m, superscript * denotes complex conjugation, and the frequency-dependent term b n (ka) represents the amplitude of nth-order spherical harmonics (also known as mode amplitude) which depends on the sphere configuration, e.g. , rigid sphere, open sphere, etc., as given by [1] [2] [3] [4] [5] .
Let us assume that D plane waves from directions 1 , 2 , …, D impinge on the sphere. Adding uncorrelated noise, the (N+1)
where
T is the D×1 Thus the output of the spherical array beamformer is given as
where (.) H denotes the Hermitian transpose. The array output power
where E[.] denotes the statistical expectation, and R nm (ka) is the covariance matrix of X nm (ka). Substituting (3) into (5) yields
is the noise covariance matrix. Similarly to conventional MVDRs, the EB-MVDR aims to minimize the output power Z(k) subject to a distortionless constraint on the response of the beamformer in the look direction, i.e.,
where l is the look direction of the beamformer. Note that, in this paper, we assume a uniform sampling over the sphere [4, 5] , where the output amplitude for the spherical harmonics domain array processing is a factor of 4 /M higher than for the conventional elementspace. The solutions of the EB-MVDR array weight vector and the associated output power spectrum are given by
In the following sections, (8) and (9) are employed in the directional signal extraction and DOA estimation, respectively.
FOCUSING MATRICES AND FREQUENCY SMOOTHING FOR COHERENT SIGNAL PROCESSING
It has been shown in [7] that the performance of a narrowband MVDR tends to degrade in the presence of coherent sources. Focusing matrices and frequency smoothing techniques can be used to address this issue [11, 12] . The main idea relies on finding focusing matrices that can transfer all the narrowband frequency bins into one reference frequency, followed by the averaging of the transferred narrowband signal covariance matrices. Thus, any of the narrowband methods, such as MUSIC and MVDR, may be employed for DOA estimation. Here, we derive the focusing matrices using the spherical harmonics framework, which shows that the spherical harmonics domain processing exhibits much simpler focusing matrices than the element-space processing [11, 12] .
The (N+1) 2 ×(N+1) 2 focusing matrices T(k i ), for various frequency bins k i , i=1,…I, need to satisfy [11, 12] ), ,
where k o [k 1 , k I ] is the reference frequency, k 1 and k I are respectively the lower and higher frequency edges of the observed signals.
As shown in (1), the frequency-dependent mode amplitude b n (ka) and the angular-dependent spherical harmonics are decoupled, therefore we can rewrite the array manifold matrix (3) as
where the (N+1)
and the (N+1) 2 ×D matrix of spherical harmonics is given by
where (12) and (13) into (10), the following elegant closed-form solution for focusing matrices is obtained,
which is independent of preliminary DOA estimates, and much simpler than the forms in [11, 12] . The phase-mode transform in [10] , which yields frequency-indepnendent manifold matrices, can also be seen as a particular case of the focusing matrices technique. Then the focused and frequency-smoothed covariance matrix yields
Substituting (15), (11) and (2) into (9), a new form of the output power spectrum results
It can be seen from (16) that, in an idealized condition where the SNR is sufficiently high and the noise term, which depends on the reference frequency, is negligible, the output power spectrum can be independent of both the reference frequency and preliminary DOA estimates. This particular case is consistent with the conclusions in [10, 12] . However, in practice, the noise term may not be negligible, and the inversion of b n (k i a) in (14) at low frequencies may lead to very large noise amplification [1, 4] and hence degraded performance. In such a case, techniques such as noise pre-whitening for low frequencies, covariance matrix diagonal loading, and finding a proper reference frequency, are still necessary.
4.

DOA ESTIMATION, COHERENT SOURCE DETECTION AND REFLECTOR LOCALIZATION
The goal of this work is to use the EB-MVDR beamformers and broadband acoustic signals to localize the reflectors in a room. When a sound is played back in a room, e.g., via a loudspeaker, a spherical microphone array placed within the same room picks up the direct sound, coherent wall reflections, incoherent interferers and background noise. These measured signals can be used to localize, extract and categorize acoustic sources, i.e., direct sound, reflections and interferers, in order to localize major room reflectors.
DOA estimation and source extraction
In order to obtain accurate DOA estimates, EB-MVDR with frequency smoothing, which can localize coherent sources, is used to scan the room, and the output power (16) for each look-direction is plotted to form an acoustic map of the environment. The locations of the highest peaks in the map determine the estimated DOAs.
To extract and analyze the localized sound sources, EB-MVDR is steered towards these directions. The array weights are computed using (8) , where the frequency smoothed covariance matrices are employed to avoid the self-cancellation of the desired source due to the presence of coherent sources. The main advantage of this beamformer is that, having defined the look direction, it is able to automatically place nulls in the directions of the undesired sources, and leads to a high signal-to-interference-ratio.
Coherent source detection and reflector localization
It is assumed that the DOA of the direct sound source is known a priori or the highest peak in the map is selected as such. 
where u dir (l) and u oth (l) are the extracted signal sequences of the direct sound and other sources (i.e., reflectors and interferers), L is the length of the signals sequence, l is the sample index, and q is the lag index. Searching for maxima in the crosscorrelation functions, the coherent reflections can be detected and their respective TDOAs can be determined from
where q max is the lag index of the maximum in the crosscorrelation functions, and f s is the sampling frequency. Assuming the microphone array location as (0, 0, 0), the DOA information, i.e., the directional vector ( refl , refl ) of the reflector, and its TDOA are used to determine the length of the vector r refl , which can, according to 
where r dir denotes the known distance between the loudspeaker and microphone array, c is the sound speed, and represents the angular distance between the DOA of the direct sound and the DOA of the reflection. Consequently, the position of the reflector (r refl , refl , refl ) in the spherical coordinate system is obtained. 
EXPERIMENTAL RESULTS
For the following, the Eigenmike ® [1] was employed, which has a radius a=4.2cm, and can decompose the sound field for up to 4th-order, N=4, spherical harmonics. The experiment was conducted in a rectangular room with a reverberation time of 0.4s and a volume of 108m . Diagonal loading and noise pre-whitening at low frequencies were employed to improve the algorithm's robustness. To evaluate the DOA estimation performance of the proposed method, we compare its power spectrum ('acoustic map') with those of three existing spherical microphone array DOA estimators, i.e. the spherical harmonics domain delayand-sum (DAS) method [4] , the PWD method [1, 4, 8] , the narrowband EB-MVDR obtained from (9) . Figs. 2 (a) to (d) depict the acoustic maps of these DOA estimators, and the DOAs of the direct sound and its reflections are marked in Fig. 2 (d) . All the acoustic maps clearly show the peak which corresponds to the DOA of the direct sound, but DAS and PWD both have a rather low resolution and can hardly localize most of the significant reflections. The narrow-band EB-MVDR gives a better resolution, but its performance is not satisfactory due to the self-cancellation at the sources [7] . The proposed EB-MVDR gives the best solution, where all the significant reflections in the room can be well localized. We have also investigated the frequency-smoothed EB-MUSIC [10] , see Figs. 2 (e) and (f). If the number of source is known, EB-MUSIC can give slightly higher resolution. However, if the number of source is unknown, which is very common in practice, the EB-MUSIC leads to worse results with biased DOA estimation. Thus it can be concluded that the proposed EB-MVDR gives a comparative resolution to the well-tuned EB-MUSIC. Furthermore, it is robust and does not require any knowledge about the number of sources as input.
To verify the effectiveness of the source extraction, source categorization, and reflector localization, another experiment with two signals (one white noise and one music) played by two loudspeakers was carried out. Fig. 3 (a) shows the acoustic map of this scenario. S1 is the direct-path of the white noise, S1R is one of its reflections, and S2 is the direct-path for the music source. These three signals were extracted using EB-MVDR. Their crosscorrelations shown in Figs. 3 (b) ). This deviation of the estimate from the reference is on the order of the measurement precision of the ground truth and the speed of sound.
CONCLUSIONS
This paper proposed a method for localizing reflective surfaces in rooms by means of spherical microphone array EB-MVDR beamformers. Our approach relies on first localizing acoustic sources and strongest reflectors in a room, and next determining the distances to the surfaces from the extracted directional signals. The main advantages of this technique include high accuracy and robustness, good performance even in the presence of interferers, and no need for prior knowledge of the source signal. The strategy of inferring the geometry of a room based on the proposed method by using several test source and/or microphone array positions is the subject of ongoing research.
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(a) . 3 . (a) Output power spectrum, showing the DOAs of source S1 (the direct sound of the white noise), a coherent reflection S1R from the floor, and an incoherent source S2 (the direct sound of the music), (b) the autocorrelation of the output of bf dir , (c) the crosscorrelation of bf dir and bf S1R , (d) the crosscorrelation of bf dir and bf S2 .
